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Serial No. 
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Art Unit 
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Gerhard HERBIG et al. 
To Be Assigned 
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METHOD OF ADAPTIVE ADJUSTMENT 
OF THE COEFFICIENTS OF AN EQUALIZER 

To Be Assigned 
To Be Assigned 



Assistant Commissioner 

for Patents 
Washington, D.C. 20231 

PRELIMINARY AMENDMENT AND 
37 C.F.R. § 1.125 SUBSTITUTE SPECIFICATION STATEMENT 

SIR: 

Please amend without prejudice the above-identified application before examination, as 
set forth below. 



IN THE TITLE : 

Please amend without prejudice the title to be: 
--METHOD OF ADAPTIVE ADJUSTMENT OF THE COEFFICIENTS OF AN EQUALIZER-- 



IN THE SPECIFICATION AND ABSTRACT : 

In accordance with 37 C.F.R. § 1.121(b)(3), a Substitute Specification (including the 
Abstract, but without claims) accompanies this response. It is respectfully requested that the 
Substitute Specification (including Abstract) be entered to replace the Specification of record. 



IN THE CLAIMS : 

Without prejudice, please cancel original claims 1 to 3 and new/substitute claims 1 to 3, 
and please add new claims 4 to 15 as follows: 



~4. (New) A method of adaptively adjusting coefficients of an equalizer, the method comprising: 



defining the coefficients according to an error correction algorithm to minimize 
intersymbol interference; and 

adjusting the coefficients, determined with the help of the error correction algorithm, by a 
correction term so that one of (i) a transfer function of the equalizer and (ii) at least one of a first 
derivation of the transfer function and a higher derivation of the transfer function assumes an 
invariant fixed value for at least two selected frequencies outside a useful signal frequency band. 

5. (New) The method of claim 4, wherein the coefficients are adjusted so that the one of (i) the 
transfer function and (ii) the at least one of the first derivation of the transfer function and the 
higher derivation of the transfer function assumes a fixed value at at least two of the frequencies 
2 tt/T, 3 tu/T and 4 tt/3T, and n/T is a limit frequency of the useful signal frequency band. 

6. (New) The method of claim 4, wherein the one of (i) the transfer function and (ii) the first 
derivation of the transfer function and the higher derivation of the transfer function is set at one 
of a 0 value and at another constant value at the at least two selected frequencies. 

7. (New) The method of claim 5, wherein the one of (i) the transfer function and (ii) the first 
derivation of the transfer function and the higher derivation of the transfer function is set at one 
of a 0 value and at another constant value at the at least two selected frequencies. 

8. (New) An apparatus for adaptively adjusting coefficients of an equalizer, the apparatus 
comprising: 

a first arrangement to define the coefficients according to an error correction algorithm to 
mimmize intersymbol interference; and 

a second arrangement to adjust the coefficients, determined with the help of the error 
correction algorithm, by a correction term so that one of (i) a transfer function of the equalizer 
and (ii) at least one of a first derivation of the transfer function and a higher derivation of the 
transfer function assumes an invariant fixed value for at least two selected frequencies outside a 
useful signal frequency band. 

9. (New) The apparatus of claim 8, wherein the coefficients are adjusted so that the one of (i) the 
transfer function and (ii) the at least one of the first derivation of the transfer function and the 
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higher derivation of the transfer function assumes a fixed value at at least two of the frequencies 
2 %/T, 3 Tt/T and 4 tu/3T, and %/T is a limit frequency of the useful signal frequency band. 

10. (New) The apparatus of claim 8, wherein the one of (i) the transfer function and (ii) the first 
derivation of the transfer function and the higher derivation of the transfer function is set at one 
of a 0 value and at another constant value at the at least two selected frequencies. 

1 1 . (New) The apparatus of claim 9, wherein the one of (i) the transfer function and (ii) the first 
derivation of the transfer function and the higher derivation of the transfer function is set at one 
of a 0 value and at another constant value at the at least two selected frequencies. 

12. (New) An apparatus for adaptively adjusting coefficients of an equalizer, the apparatus 
comprising: 

means for defining the coefficients according to an error correction algorithm to minimize 
intersymbol interference; and 

means for adjusting the coefficients, determined with the help of the error correction 
algorithm, by a correction term so that one of (i) a transfer function of the equalizer and (ii) at 
least one of a first derivation of the transfer function and a higher derivation of the transfer 
function assumes an invariant fixed value for at least two selected frequencies outside a useful 
signal frequency band. 

13. (New) The apparatus of claim 12, wherein the coefficients are adjusted so that the one of (i) 
the transfer function and (ii) the at least one of the first derivation of the transfer function and the 
higher derivation of the transfer function assumes a fixed value at at least two of the frequencies 
2 tc/T, 3 Tt/T and 4 it/3T, and Tt/T is a limit frequency of the useful signal frequency band. 

14. (New) The apparatus of claim 12, wherein the one of (i) the transfer function and (ii) the first 
derivation of the transfer function and the higher derivation of the transfer function is set at one 
of a 0 value and at another constant value at the at least two selected frequencies. 

15. (New) The apparatus of claim 13, wherein the one of (i) the transfer function and (ii) the first 
derivation of the transfer function and the higher derivation of the transfer function is set at one 
of a 0 value and at another constant value at the at least two selected frequencies.--. 



Remarks 

This Preliminary Amendment cancels without prejudice original claims 1 to 3 and 
new/substitute claims 1 to 3 in the underlying PCT Application No. PCT/DE00/0241 1, and adds 
without prejudice new claims 4 to 15. The new claims conform the claims to U.S. Patent and 
Trademark Office rules and do not add new matter to the application. 

In accordance with 37 C.F.R. § 1.121(b)(3), the Substitute Specification 
(including the Abstract, but without the claims) contains no new matter. The amendments 
reflected in the Substitute Specification (including Abstract) are to conform the Specification and 
Abstract to U.S. Patent and Trademark Office rules or to correct informalities. As required by 37 
C.F.R. § 1.121 (b)(3)(iii) and § 1.125(b)(2), a Marked Up Version Of The Substitute Specification 
comparing the Specification of record and the Substitute Specification also accompanies this 
Preliminary Amendment. In the Marked Up Version, underlining indicates added text and 
bracketing indicated deleted text. Approval and entry of the Substitute Specification (including 
Abstract) is respectfully requested. 

The underlying PCT Application No. PCT/DE00/0241 1 includes an International 
Search Report, dated December 28, 2000. The Search Report includes a list of documents that 
were uncovered in the underlying PCT Application. A copy of the Search Report accompanies 
this Preliminary Amendment. 

The underlying PCT application also includes an International Preliminary 
Examination Report, dated December 17, 2001, and an annex (including new/substitute claims 1 
to 3). An English translation of the International Preliminary Examination Report and the annex 
accompanies this Preliminary Amendment. 
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Applicants assert that the subject matter of the present application is new, non- 
obvious, and useful. Prompt consideration and allowance of the application are respectfully 
requested. 
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METHOD OF ADAPTIVE ADJUSTMENT OF THE COEFFICIENTS 
OF AN EQUALIZER 

[Background Information 
1 FIELD OF THE INVENTION 

The present invention relates to a method of adaptive 
adjustment of the coefficients of an equalizer, the 
coefficients being adapted according to an error correction 
algorithm so that intersymbol interference is minimized. 

BACKGROUND INFORMATION 

When digital signals are to be transmitted over channels 
having time-variant channel distortion, there [must] may be 
adaptive equalizers in the receiver, automatically adapting to 
the channel distortion to compensate it. Channel distortion 
may_occur [s] , for example, on radio transmission channels in 
point-to-point radio relay connections based on multiway 
propagation. A distinction [is] may be made between baud- spaced 
equalizers and fractionally spaced equalizers. In the case of 
baud-spaced equalizers, there [is] may be exactly one sample at 
both the input and the output of each symbol clock pulse. 
Since the sampling condition is already violated at the input 
of the equalizer in this case, such equalizers may have only 
limited capacity. [ M] 

It is b elieved that m uch better results [are] may be obtained 
with a fractionally spaced equalizer, the simplest embodiment 
of which may p roces [se] s exactly two samples per symbol clock 
pulse at the input. Even with a fractionally spaced equalizer, 
only ever one sample [is] may be calculated per symbol clock 
pulse at the output because there [is ] may also be only ever 
one transmission symbol to be detected per symbol clock pulse. 
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Since [ the usual] error correction algorithms for adaptive 
adjustment of the equalizer coefficients [can] may analyze only 
the baud-spaced output signal, fundamentally important 
information regarding the complete control of all possible 
5 coefficient settings [is] may be missing in the case of 

fractionally spaced equalizers. As a result, this type of 
equalizer may tendfsl toward unwanted "coefficient drift" 
which can no longer be controlled with the usual algorithms . 
[C] As to c oefficient drif t [ means that]j_ because of rounding 
10^ errors in the calculation of the coefficients, there [are] may 
5 be very gradual changes in the adapted correction quantities 
|ti f° r the coefficient values in one direction. [In general, 
jM; t]The following [known] available algorithms [are] may be used 
q for adaptation of the equalizer coefficients of fractionally 
llU spaced equalizers. 

m\ During the acquisition phase, as long as the transmission 
jjj; carrier has not yet been recognized, so the closed loop is not 
|pj yet engaged for carrier phase synchronization, the constant 
20 modulus algorithm (CMA) [is usually] may be used, and the 

[least] "least means square^ algorithm (LMSA) [is] may be used 
during the tracking phase, i.e., in the actual continuous 
operation of the receiver. The two aforementioned algorithms 
are [described] referred to . for example, in K. D. Kammeyer, 
25 Nachrichtenubertragung [Telecommunication] , B. G. Teubner 
Verlag, Stuttgart, 1992, pp. 313-316, 510-512 and in J. G. 
Proakis, Digital Communications, McGraw-Hill, 1989, pp. 561- 
569, 587-593. 

3 0 Coefficient drift [is] may be observed with the CMA algorithm 
in particular as a result of quantizing errors, because it 
[is] may be difficult especially with CMA, which is a higher 
order algorithm, to completely prevent offset errors as a 
result of quantization operations. With the LMSA algorithm, 

3 5 the lack of control capability, especially with dynamic 
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transmission channels, may result [s] in inadequate adaptation 
of the equalizer coefficients to the channel changes. 
Especially channels with multiway reception, such as that with 
point-to-point radio relay connections, may result in failure 
5 of the equalizer in cases of less serious distortion, although 
in terms of its basic capability, it [would] should be quite 
capable of equalizing these channels. 

The tap leakage algorithm (TLA) , which is a variant of LMSA, 
10. i5 is a countermeasure against the phenomenon of coefficient 
Q drift in a fractionally spaced equalizer. The tap leakage 
y algorithm is [described by] referred to in R. D. Giltin, H. C. 
iH* Meadors, S. B. Weinstein: The Tap Leakage Algorithm: an 
0 Algorithm for the Stable Operation of a Digitally Implemented, 
lii Fractionally Spaced Adaptive Equalizer. BSDJ, no. 8, vol. 61, 
jp October 1982, pages 1817 through 183 9. According to the TLA, 
|1 smaller amounts are subtracted from the absolute value of the 
j;; coefficients to compensate for coefficient drift. However, 
■fwj this measure may not only prevent [s] coefficient drift but may 
20 also ha[s]ve a negative effect on the equalization result, 
i.e., there [is] may be an increase in intersymbol 
interference . 

[Therefore, the obi ect] SUMMARY OF THE INVENTION 
25 An object of an exemplary embodiment and/or exemplary method 
of the present invention is to provide a method [ of the type 
defined in the preamble] with which coefficient drift may be 
prevented without having or at least limiting a negative 
effect on the quality of equalization. 

30 

[Advantages of the Invention 

This object is achieved with the features of Claim 1 by the 
fact that] In this regard, the coefficients determined with the 
35 help of the error correction algorithm are adjusted by a 
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correction term so that the transfer function of the equalizer 
assumes an invariant fixed value for one or more selected 
frequencies outside the useful signal frequency band. Instead 
of the transfer function itself, a first derivation and/or a 
higher derivation of the transfer function outside the useful 
signal frequency band may be set at a fixed value for one or 
more selected frequencies. [T] It is believed that t his method 
should largely [reduces] reduce or at least reduce overshooting 
of the transfer function of the equalizer toward both sides of 
the useful signal frequency band which [can] may be attributed 
to unwanted coefficient drift. This may p revent [s] dynamic 
fading events on the transmission link from leading to failure 
of the equalizer, e.g., when a certain coefficient setting can 
no longer be adapted rapidly enough. 

[Advantageous refinements of the present invention are derived 
from the subclaims. The simplest] It is believed that a 
simpler, if not the simplest, possible method of calculating 
correction terms for the coefficients [is possible] may be 
obtained if the transfer function or the first derivation 
and/or a higher derivation of the transfer function at the 
frequency 2 tc/T and/or the frequency 3 iz/T and/or the 
frequency 4 7E/3T is set at a fixed value, where tt/T is the 
base frequency of the useful signal frequency band. The 
transfer function or a first derivation and/or a higher 
derivation thereof may be set at the value 0 or at another 
fixed value at the selected frequency or frequencies. 

[Drawing 

The present invention is explained in greater detail with 

reference to an exemplary embodiment . 

Figure 1 1 BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 shows a block diagram of an adaptive equalizer [;] ^_ 
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Figure 2 [ ] shows a transfer function of the equalizer 

without the correction according to an 
exemplary embodiment and/or exemplary method of 
the present invention [;] ^_ 

Figure 3 [ ] shows a transfer function of the equalizer 

having a first correction [, and]_;_ 

Figure 4 [ ] shows a transfer function of the equalizer 

having a second correction. 

[Description of a Embodiment 
1 DETAILED DESCRIPTION 

Figure 1 shows an adaptive transversal equalizer having a 
time-delay chain, of which first two time-delay elements VO 
and VI are shown here. A digital input signal x, which has 
been distorted on the transmission link from a transmitter to 
the receiver in which the adaptive equalizer is located, is 
applied to input 1 of the time-delay chain. Input signal x is 
delayed by T/2, T being the symbol clock pulse of input signal 
x, in individual time-delay elements VO , VI. Before the 
individual time-delay elements, the symbols of distorted input 
signal x are picked up from the time -del ay chain and sent to a 
multiplier MO, Ml, where the symbol is weighted with a 
coefficient w(0) , w(l) . [ ] 

All signal symbols y(0), y(l), ... y{n) formed in the 
equalizer and weighted with coefficients w(0), w(l), ... w(n) 
in this way are combined to an output signal y by a summing 
unit. Output signal y is sent to a decision circuit ES which 
decides for each symbol of output signal y which of the 
possible transmission symbols it most closely approximates, 
i.e., decision circuit ES estimates the transmission symbols 
most likely to be sent on the basis of the symbols of summing 
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unit output signal y. Estimated transmission symbols [a] "a" 
may be picked up at output 2 of decision circuit ES . Decision 
circuit ES also generates an error signal e which depends on 
the deviation between the respective symbol of summing unit 
5 output signal y and estimated transmission symbol a. 

Error signal e is sent to correlators KO , Kl which [are 
responsible for forming] form coefficients w{0), w(l). 
Correlators KO, Kl determine adaptive change values for 
coefficients w(0), w(l) according to a known error correction 
fel algorithm, e.g., according to the LMSA algorithm mentioned 
|jj above, from error signal e and the symbols of distorted input 
signal x picked up from the time -delay chain. Each correlator 
|P KO , Kl is followed by an adder AO, Al in which a correction 
li' i5 term kt(0), kt(l) is added to the change value output by 
lQ correlator KO, Kl for the coefficients w(0), w(l). Correction 
%l terms kt(0), kt(l) are formed in a processor (PZ) according to 
$ an algorithm [to be] further described [ in greater detail] 
jjf'l below. These correction terms kt (0) , kt(l) are aimed at 
20 preventing the coefficient drift mentioned above. 

Individual adders AO, Al are each followed by a coefficient 
register KRO , KR1 in which integration is performed over all 
change values including the correction terms for coefficients 
25 w(0) , w(l), which then yields the respective instantaneous 
coefficient w(0), w(l). 

Figure 1 shows an adaptive equalizer for an actual digital 
input signal x. However, QAM signals [are usually] may be 

3 0 emitted in a digital radio relay system. Accordingly, four 
such adaptive equalizers [would] may have to be provided for 
one QAM receiver, namely one in the in-phase branch, one in 
the quadrature -phase branch, and for compensation of 
crosstalk, one adaptive equalizer connected from the in-phase 

35 branch to the quadrature -phase branch and one connected from 
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the quadrature -phase branch to the in-phase branch. 

The following explains how processor PZ generates correction 
terms kt (k) , where k = 0, 1, n. As already indicated, 

coefficient drift is to be suppressed by correction terms 
kt (k) for coefficients w(k) . Figure 2 shows a transfer 
function E(co) of an equalizer, where the useful signal 
frequency band has its base frequencies at go = ±n/T, but the 
equalizer may influence the spectrum in the range of co = -2 
7t/T to co = +2 tz/T. Unwanted coefficient drift is manifested by 
a gain in the spectral ranges not used by the useful signal 
(shown in gray in Figure 2) . Correction term kt (k) directly 
influences the transfer function of the equalizer, so that the 
overshooting outside the useful signal frequency band is 
reduced and therefore no more coefficient drift occurs. At the 
same time, however, it is believed that the transfer function 
within the useful signal frequency band remains completely (or 
at least substantially) unaffected by this, so that the actual 
equalization is not impaired , or should not be impaired as a 
practical matter . 

The following equation holds for transfer function E (co) of the 
equalizer : 

EM=l( Wi (k)+jw q (k))e> kT/2 
= E i M + jE q M 

T T 

= X w i( k ) cos I] w q (k) sin cdk— [ 

+ j (-Z w i( k ) sin + £ w q( k ) cos tf*^) 
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i (i) 
[ 

] where w ± (k) and w q (k) are the k-th in-phase coefficient and 
quadrature -phase coefficient, respectively. 

Summation E extends over all coefficients from k = 0 through k 
= n. The algorithm being run in processor PZ should form a 
zero place or another fixed value of the transfer function at 
at least one specific frequency co 0 » ±7t/T to reduce the 
transfer function outside the useful [ 1 s i gna 1 f r e quency band. 
This yields as the target function of the algorithm: 



K^o)|=|^K)| 2 + KK)| 2 



(2) 



lfpj With a complex equalizer for QAM signals, all the respective 
fy four partial equalizers are to be adjusted in their transfer 
. function independently of one another in the sense described 
fW above, so the differentiation between w ± and w q for the in- 
phase branch and the quadrature -phase branch may be omitted. 
2 0 This yields the following for the absolute value of the 
transfer function: 



[ 

] and for its gradient : 



(4) 
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= 2cosa) 0 k — ^w(k) cosa> 0 k — + 2smco 0 k — ^ w{k) sin<z> 0 £ — 

The algorithm for correction of coefficients w(k) is then 
formed as follows: 



W n + M = w n( k ) ~ a-sign[j(k)] (5) 

w n (k) is the coefficient formed one clock pulse previously, and 
w n+1 (k) is the instantaneous coefficient derived by addition of 
correction term kt (k) = -a ■ sign [J (k) ] to coefficient w n (k). 
Otherwise, the change value for coefficient w n (k) formed 
according to the [known ] CMA or LMSA algorithms, for example, 
in correlators KO, Kl is not taken into account in equation 
(5) for the sake of simplicity. 

In equation (5) : 



T T 
J{k)= W c - cosco 0 k — +W S - sin&> 0 £ — 



where the abbreviations 



T 

W c = ^w(k)cosG> 0 k — 
T 

W s = ^wi^sma)^ — 



(6) 



(7) 



[ 

]were used. Since only a slight influence on the coefficients 
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is desired (small a) , the algorithm may be simplified in 
practical operation to a signum form. Effectiveness factor a 
for correction term kt (k) is adjusted to a suitable value by 
field simulation. 



[T] Since t he algorithm [is to] should be implementable in a 
relatively simpler manner w ithout any [great] "great ef f ort [ . 
Therefore,] ", it is believed that it must be limited to 
frequencies co 0 which permit a simple and most periodic possible 
calculation of the trigonometric functions. The following 
frequencies may be used for this: 



In 3n 4n 

— , cd b = — ando) c = — (8) 



Two simplest cases co A and co c shall now be discussed. 
1 st case: co A = 2 n/T 

For this especially simple case, it holds that 



T 

sin© A k—= sin kn= 0 
A 2 

T (10) 
cosco A k— = cos kit = (- l) k 



and therefore 



The complete algorithm for adaptation of the coefficients is 
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thus written as follows according to equation (5) 



, « = w n (k) - 2a ■ sign[{- if £ w(k)(- if] 



(ID 



5 



where 



J A = 2(-l) k ."Zw n {k)(-l) 



(12) 



Since the middle coefficients [are preferably! may be involved 



(h* algorithm according to equation (11) may be limited to an 
2| interval on the order of k 6 [-4, 4] . All coefficients must of 
f\l course be taken into account in equation (12) . 

iff'! Figure 3 shows the result of this algorithm, where it is 
% apparent that there has already been a certain reduction in 
CI the transfer function outside the useful signal frequency band 
in comparison with the uncorrected transfer function shown in 
Figure 1 . 



Ijjj 



in the unwanted components of the transfer function, the 



20 



[ 



] 2 nd 




] For this case, it holds that 



25 



sinco c &— = sin — £;r = %(z k ) 

T 2 
cosa) c k-— - cos —kn= $(z*) 



(13) 



z - e J - e J [ 
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]With the table: 



[ 



K 


-4 


-3 


-2 


-1 


0 


1 


2 


3 


4 


2 

Sin— k7r 


-V075 


0 


V0.75 


-V075 


0 


VO.75 


-V075 


0 


■v/O.7 5 


2 

Cos— k^- 
3 


-0,5 


1 


-0,5 


-0,5 


1 


-0,5 


-0,5 


1 


-0,5 



[ 

] it holds that : 

= S wWcosc> c £- = X w(3£) - 0,5^ [w(3£ + l) + w(3/t - l)] [ 



] (14) 

T 

W s = X w(£)sin = 70J5S M 3 ^ + 1) " w (3k - l)] [ 

] (15) 

t 

] To calculate the correction terms, additional abbreviations 
are introduced: 

W +1 = ^w(3k+l) (16) 
WD= W +x -W_, 



I 
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] It thus holds that : 



J c (3k- 1) = - Vo/75- W s - 0.5- W c 
J c (3k) = W c 

J c (3k+l)=+y[0J5-W s -0.5-W c 




2W 0 + WS) 



2W 0 + WS) 



(17) 



Whereas in the first case, J A according to equation (12) holds 
for all coefficients w(k), in the second case J c must be 
different for three different coefficient groups w(3k-l), 
w(3k) and w(3k+l) . 

A very efficient correction of the coefficients is obtained 
when the first and second cases are combined: 



As Figure 4 shows, the adaptive correction of coefficients 
w n (k) according to equation (18) causes a sharp reduction in 
the spectral ranges outside the useful signal spectrum. 

Instead of forcing zero places in the transfer function 
through the correction, as shown in Figures 3 and 4, the 
transfer function may also be set at a constant value (e.g. 1) 
at certain frequencies . 

Instead of setting the transfer function of the equalizer 
itself at a constant value at certain frequencies, a first 
derivation and/or a higher derivation of the transfer function 
may also be set at a constant value for one or more selected 
frequencies . 

MARKED UP VERSION OF SUBSTITUTE SPECIFICATION 
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.i(&) - w n {k) - a A ■ sign[j A (k)]- a c ■ sign[j c (k)] 



(18) 



[Abstract] 

ABSTRACT OF THE DISCLOSURE 
The coefficients [(w(0), w(l)) ] of an equalizer are adapted 
according to an error correction algorithm so that intersymbol 
interference is minimized. To prevent coefficient drift in 
adaptive equalization, the coefficients [(w(0), w(l)) 
] determined with the help of the error correction algorithm 
are adjusted by a correction term [ (k(0), k(l))] so that the 
transfer function of the equalizer assumes a favorable value 
for one or more selected frequencies outside the useful signal 
frequency band. 

[ (Figure 1) ] 

442525 
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METHOD OF ADAPTIVE ADJUSTMENT OF THE COEFFICIENTS 
OF AN EQUALIZER 

FIELD OF THE INVENTION 

The present invention relates to a method of adaptive 
adjustment of the coefficients of an equalizer, the 
coefficients being adapted according to an error correction 
5 algorithm so that intersymbol interference is minimized. 

%i BACKGROUND INFORMATION 

jf'j When digital signals are to be transmitted over channels 
'/ having time-variant channel distortion, there may be adaptive 
lb?,: equalizers in the receiver, automatically adapting to the 
f]j channel distortion to compensate it. Channel distortion may 
2 occur, for example, on radio transmission channels in point- 
Ill to-point radio relay connections based on multiway 

propagation. A distinction may be made between baud- spaced 
15 equalizers and fractionally spaced equalizers. In the case of 
baud-spaced equalizers, there may be exactly one sample at 
both the input and the output of each symbol clock pulse. 
Since the sampling condition is already violated at the input 
of the equalizer in this case, such equalizers may have only 
20 limited capacity. 

It is believed that much better results may be obtained with a 
fractionally spaced equalizer, the simplest embodiment of 
which may process exactly two samples per symbol clock pulse 
25 at the input. Even with a fractionally spaced equalizer, only 
ever one sample may be calculated per symbol clock pulse at 
the output because there may also be only ever one 
transmission symbol to be detected per symbol clock pulse. 
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Since error correction algorithms for adaptive adjustment of 
the equalizer coefficients may analyze only the baud- spaced 
output signal, fundamentally important information regarding 
the complete control of all possible coefficient settings may 
5 be missing in the case of fractionally spaced equalizers. As a 
result, this type of equalizer may tend toward unwanted 
"coefficient drift" which can no longer be controlled with the 
usual algorithms. As to coefficient drift, because of rounding 
errors in the calculation of the coefficients, there may be 
very gradual changes in the adapted correction quantities for 
W the coefficient values in one direction. The following 
=y available algorithms may be used for adaptation of the 

equalizer coefficients of fractionally spaced equalizers. 

i 

15" During the acquisition phase, as long as the transmission 
Sp carrier has not yet been recognized, so the closed loop is not 
|j yet engaged for carrier phase synchronization, the constant 

' d;! modulus algorithm (CMA) may be used, and the "least means 
|pj square" algorithm (LMSA) may be used during the tracking 

2 0 phase, i.e., in the actual continuous operation of the 

receiver. The two aforementioned algorithms are referred to, 
for example, in K. D. Katnmeyer, Nachrichteniibertragung 
[Telecommunication], B. G. Teubner Verlag, Stuttgart, 1992, 
pp. 313-316, 510-512 and in J. G. Proakis, Digital 
25 Communications, McGraw-Hill, 1989, pp. 561-569, 587-593. 

Coefficient drift may be observed with the CMA algorithm in 
particular as a result of quantizing errors, because it may be 
difficult especially with CMA, which is a higher order 

3 0 algorithm, to completely prevent offset errors as a result of 

quantization operations. With the LMSA algorithm, the lack of 
control capability, especially with dynamic transmission 
channels, may result in inadequate adaptation of the equalizer 
coefficients to the channel changes. Especially channels with 
35 multiway reception, such as that with point-to-point radio 

relay connections, may result in failure of the equalizer in 
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cases of less serious distortion, although in terms of its 
basic capability, it should be quite capable of equalizing 
these channels. 



5 The tap leakage algorithm (TLA) , which is a variant of LMSA, 
is a countermeasure against the phenomenon of coefficient 
drift in a fractionally spaced equalizer. The tap leakage 
algorithm is referred to in R. D. Giltin, H. C. Meadors, S. B. 
Weinstein: The Tap Leakage Algorithm: an Algorithm for the 
Stable Operation of a Digitally Implemented, Fractionally 
y Spaced Adaptive Equalizer. BSDJ, no. 8, vol. 61, October 1982, 
lij pages 1817 through 1839. According to the TLA, smaller amounts 
are subtracted from the absolute value of the coefficients to 
. H! compensate for coefficient drift. However, this measure may 
lS !,! not only prevent coefficient drift but may also have a 

Q negative effect on the equalization result, i.e., there may be 

in 

an increase in intersymbol interference. 

f j SUMMARY OF THE INVENTION 

2 0 An object of an exemplary embodiment and/or exemplary method 

of the present invention is to provide a method with which 
coefficient drift may be prevented without having or at least 
limiting a negative effect on the quality of equalization. 

25 In this regard, the coefficients determined with the help of 
the error correction algorithm are adjusted by a correction 
term so that the transfer function of the equalizer assumes an 
invariant fixed value for one or more selected frequencies 
outside the useful signal frequency band. Instead of the 

3 0 transfer function itself, a first derivation and/or a higher 

derivation of the transfer function outside the useful signal 
frequency band may be set at a fixed value for one or more 
selected frequencies. It is believed that this method should 
largely reduce or at least reduce overshooting of the transfer 
3 5 function of the equalizer toward both sides of the useful 
signal frequency band which may be attributed to unwanted 
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coefficient drift. This may prevent dynamic fading events on 
the transmission link from leading to failure of the 
equalizer, e.g., when a certain coefficient setting can no 
longer be adapted rapidly enough. 

5 

It is believed that a simpler, if not the simplest, possible 
method of calculating correction terms for the coefficients 
may be obtained if the transfer function or the first 
derivation and/or a higher derivation of the transfer function 

lpk at the frequency 2 rc/T and/or the frequency 3 %/T and/or the 
frequency 4 7t/3T is set at a fixed value, where %/T is the 
!? r base frequency of the useful signal frequency band. The 
transfer function or a first derivation and/or a higher 
jBl derivation thereof may be set at the value 0 or at another 

l|> fixed value at the selected frequency or frequencies. 

fij BRIEF DESCRIPTION OF THE DRAWINGS 

p;j Figure 1 shows a block diagram of an adaptive equalizer. 

B 

20 Figure 2 shows a transfer function of the equalizer without 
the correction according to an exemplary embodiment and/or 
exemplary method of the present invention. 

Figure 3 shows a transfer function of the equalizer having a 
25 first correction. 

Figure 4 shows a transfer function of the equalizer having a 
second correction. 

3 0 DETAILED DESCRIPTION 

Figure 1 shows an adaptive transversal equalizer having a 
time-delay chain, of which first two time-delay elements V0 
and VI are shown here . A digital input signal x, which has 
been distorted on the transmission link from a transmitter to 

35 the receiver in which the adaptive equalizer is located, is 

applied to input 1 of the time-delay chain. Input signal x is 
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delayed by T/2 , T being the symbol clock pulse of input signal 
x, in individual time-delay elements VO, VI. Before the 
individual time-delay elements, the symbols of distorted input 
signal x are picked up from the time-delay chain and sent to a 
5 multiplier MO, Ml, where the symbol is weighted with a 
coefficient w(0), w(l) . 

All signal symbols y(0), y(l), ... y(n) formed in the 
equalizer and weighted with coefficients w(0), w(l), ... w(n) 
lfe in this way are combined to an output signal y by a summing 
unit. Output signal y is sent to a decision circuit ES which 
ihj decides for each symbol of output signal y which of the 
f"! possible transmission symbols it most closely approximates, 
jpj i.e., decision circuit ES estimates the transmission symbols 
l-!p most likely to be sent on the basis of the symbols of summing 
Q unit output signal y. Estimated transmission symbols "a" may 
|! be picked up at output 2 of decision circuit ES . Decision 
£: circuit ES also generates an error signal e which depends on 
M the deviation between the respective symbol of summing unit 
2 0 output signal y and estimated transmission symbol a. 

Error signal e is sent to correlators K0, Kl which form 
coefficients w(0), w(l). Correlators K0 , Kl determine adaptive 
change values for coefficients w(0), w(l) according to a known 

25 error correction algorithm, e.g., according to the LMSA 

algorithm mentioned above, from error signal e and the symbols 
of distorted input signal x picked up from the time-delay 
chain. Each correlator K0 , Kl is followed by an adder AO, Al 
in which a correction term kt(0), kt(l) is added to the change 

30 value output by correlator K0, Kl for the coefficients w(0) , 
w(l). Correction terms kt(0), kt(l) are formed in a processor 
(PZ) according to an algorithm further described below. These 
correction terms kt(0), kt(l) are aimed at preventing the 
coefficient drift mentioned above. 

35 

Individual adders AO, Al are each followed by a coefficient 
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register KRO, KR1 in which integration is performed over all 
change values including the correction terms for coefficients 
w(0), w(l), which then yields the respective instantaneous 
coefficient w(0), w(l). 

Figure 1 shows an adaptive equalizer for an actual digital 
input signal x. However, QAM signals may be emitted in a 
digital radio relay system. Accordingly, four such adaptive 
equalizers may have to be provided for one QAM receiver, 
namely one in the in-phase branch, one in the quadrature -phase 
branch, and for compensation of crosstalk, one adaptive 
equalizer connected from the in-phase branch to the 
quadrature -phase branch and one connected from the quadrature - 
phase branch to the in-phase branch. 

The following explains how processor PZ generates correction 
terms kt (k) , where k = 0, 1, n. As already indicated, 

coefficient drift is to be suppressed by correction terms 
kt (k) for coefficients w(k) . Figure 2 shows a transfer 
function E (co) of an equalizer, where the useful signal 
frequency band has its base frequencies at co = ±tz/T, but the 
equalizer may influence the spectrum in the range of co = -2 
%/T to co = +2 tz/T. Unwanted coefficient drift is manifested by 
a gain in the spectral ranges not used by the useful signal 
(shown in gray in Figure 2) . Correction term kt (k) directly 
influences the transfer function of the equalizer, so that the 
overshooting outside the useful signal frequency band is 
reduced and therefore no more coefficient drift occurs. At the 
same time, however, it is believed that the transfer function 
within the useful signal frequency band remains completely (or 
at least substantially) unaffected by this, so that the actual 
equalization is not impaired, or should not be impaired as a 
practical matter. 

The following equation holds for transfer function E(co) of the 
equalizer : 
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E(«>) = z(w i (k) + jw q (k))e>™ 
= E i M + jE q M 

T T 
= X w i( k ) cos X w q( k ) sin °& 2 

+ j ("Z W i( k ) Sil1 + Z W qW C0S 



where w x (k) and w q (k) are the k-th in-phase coefficient and 
quadrature -phase coefficient, respectively. 

Summation S extends over all coefficients from k = 0 through k 
= n. The algorithm being run in processor PZ should form a 
zero place or another fixed value of the transfer function at 
at least one specific frequency co 0 » ±tc/T to reduce the 
transfer function outside the useful signal frequency band. 
This yields as the target function of the algorithm: 

K^o)hl^K)| 2 +KK)| 2 (2) 



With a complex equalizer for QAM signals, all the respective 
four partial equalizers are to be adjusted in their transfer 
function independently of one another in the sense described 
above, so the differentiation between w ± and w q for the in- 
phase branch and the quadrature -phase branch may be omitted. 
This yields the following for the absolute value of the 
transfer function: 

^(^o)! = cos&> 0 £-^| + sin ^ 0 £~^j (3) 

and for its gradient: 
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(4) 



T -y T T x T 

= 2cosco 0 k — ^w(k) cosco 0 k — + 2s'mcD () k — ^w(k) sina> 0 k — 

The algorithm for correction of coefficients w(k) is then 
formed as follows: 

5 

§ w n+ i(k)= w n {k)- a-sign[j{k)\ (5) 

\\ w n (k) is the coefficient formed one clock pulse previously, and 
f? w n+i (k) is the instantaneous coefficient derived by addition of 
iff correction term kt (k) = -a • sign [J (k) ] to coefficient w n (k). 
Otherwise, the change value for coefficient w n (k) formed 
according to the CMA or LMSA algorithms, for example, in 
correlators KO , Kl is not taken into account in equation (5) 
for the sake of simplicity. 



P 



20 



In equation (5 

d 



T T 
j{k) = W c • cosco Q k — +W s - smco 0 k — 



where the abbreviations 



T 

w c = X w W COSC0 (At 

T (7) 
w s = Y, w ( k ) sin0) o k 2 



were used. Since only a slight influence on the coefficients 
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is desired (small a) , the algorithm may be simplified in 
practical operation to a signum form. Effectiveness factor a 
for correction term kt (k) is adjusted to a suitable value by- 
field simulation. 



Since the algorithm should be implementable in a relatively- 
simpler manner without any "great effort" , it is believed that 
it must be limited to frequencies co 0 which permit a simple and 
most periodic possible calculation of the trigonometric 
functions. The following frequencies may be used for this: 



5 



m 
m 



2k 

co A = — , CO, 




'b 



= — — and co c = — — 
2T c 3T. 



(8) 




Two simplest cases co A and co c shall now be discussed. 



1 st case: co A = 2 7t/T 



For this especially simple case, it holds that 



20 



sinco A k—= sin kiu = 0 
A 2 

T 

coso) K k — = cos kn - (- 1) 



(10) 



and therefore 




|^ A )| 2 = 2(-ir-Z^W(-D' 



do) 



25 



The complete algorithm for adaptation of the coefficients is 
thus written as follows according to equation (5) : 
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= yvSk)-2asign[(-l) l ^w(k)(-\f] (11) 



^ = 2(-D*-Z«-.(*X-D* (12) 

Since the middle coefficients may be involved in the unwanted 
components of the transfer function, the algorithm according 
to equation (11) may be limited to an interval on the order of 
k e [-4, 4] . All coefficients must of course be taken into 
account in equation (12) . 

Figure 3 shows the result of this algorithm, where it is 
apparent that there has already been a certain reduction in 
the transfer function outside the useful signal frequency band 
in comparison with the uncorrected transfer function shown in 
Figure 1 . 

An 

2 nd case : CQ C = — 
c 3T 

For this case, it holds that 



T 2 
sin© c £— = sin — kn= 2f(z*) 



T 2 
cos0 c & — = cos — kit - 9?(z*) 



z = e j2nr > = e Jl20 ° 
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With the table: 



K 


-4 


-3 


-2 


-1 


0 


1 


2 


3 


4 






0 






0 










2 

Sin— k7r 
3 


-V075 


V0.7 5 


-V0J5 


V0.7 5 


-V075 


0 


VO.75 


2 

Cos— k^r 


-0,5 


1 


-0,5 


-0,5 


1 


-0,5 


-0,5 


1 


-0,5 



it holds that : 

J^c = Z Ak)cosa? c k-= X M3A:)- 0,5^ [h<3* + l) + w(3£ - l)] (14) 
^ = S wWshi a> c k^= [M3^+ l)- w(3£- l)] (15) 

To calculate the correction terms, additional abbreviations 
are introduced: 





2>(3£- 


1) 


w 0 = 


I w(3k) 




w +i = 




1) 


WD = 


W +1 - W_ x 




ws = 


w +l + w_ x 





It thus holds that: 



J c (3k - 1) = -40J5-W S - 05- W c = ^(-3WD- 2W 0 + WS) 
J c (3k) = W c 

J c {3k+ 1) = +J0J5-W S - 0.5- W c = j(+3WD- 2W Q + WS) 



(17) 
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Whereas in the first case, J A according to equation (12) holds 
for all coefficients w(k), in the second case J c must be 
different for three different coefficient groups w(3k-l), 
w(3k) and w(3k+l) . 

A very efficient correction of the coefficients is obtained 
when the first and second cases are combined: 



= w n (k)- a A -sign[j A {k)\- a c -sign[j c {k)] (18) 

S# 

,H As Figure 4 shows, the adaptive correction of coefficients 

i|j 

p s w n (k) according to equation (18) causes a sharp reduction in 
the spectral ranges outside the useful signal spectrum. 

lp n Instead of forcing zero places in the transfer function 

|f| through the correction, as shown in Figures 3 and 4, the 

W transfer function may also be set at a constant value (e.g. 1) 

Q at certain frequencies. 

Ill 

2 0 Instead of setting the transfer function of the equalizer 
itself at a constant value at certain frequencies, a first 
derivation and/or a higher derivation of the transfer function 
may also be set at a constant value for one or more selected 
frequencies . 
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ABSTRACT OF THE DISCLOSURE 
The coefficients of an equalizer are adapted according to an 
error correction algorithm so that intersymbol interference is 
minimized. To prevent coefficient drift in adaptive 
5 equalization, the coefficients determined with the help of the 
error correction algorithm are adjusted by a correction term 
so that the transfer function of the equalizer assumes a 
favorable value for one or more selected frequencies outside 
the useful signal frequency band. 



442354 



Q 

m 
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METHOD OF ADAPTIVE ADJUSTMENT OF THE COEFFICIENTS 
OF AN EQUALIZER 

Background Information 

The present invention relates to a method of adaptive 
[Mi> adjustment of the coefficients of an equalizer, the 
it coefficients being adapted according to an error correction 

algorithm so that intersymbol interference is minimized. 

|! When digital signals are to be transmitted over channels 

having time-variant channel distortion, there must be adaptive 

1®I equalizers in the receiver, automatically adapting to the 
inj channel distortion to compensate it. Channel distortion 
*P occurs, for example, on radio transmission channels in point - 
jju to-point radio relay connections based on multiway 

propagation. A distinction is made between baud-spaced 

15 equalizers and fractionally spaced equalizers. In the case of 
baud-spaced equalizers, there is exactly one sample at both 
the input and the output of each symbol clock pulse. Since the 
sampling condition is already violated at the input of the 
equalizer in this case, such equalizers have only limited 

2 0 capacity. Much better results are obtained with a fractionally 
spaced equalizer, the simplest embodiment of which processes 
exactly two samples per symbol clock pulse at the input. Even 
with a fractionally spaced equalizer, only ever one sample is 
calculated per symbol clock pulse at the output because there 

25 is also only ever one transmission symbol to be detected per 
symbol clock pulse. Since the usual error correction 
algorithms for adaptive adjustment of the equalizer 
coefficients can analyze only the baud-spaced output signal, 
fundamentally important information regarding the complete 

30 control of all possible coefficient settings is missing in the 



case of fractionally spaced equalizers. As a result, this type 
of equalizer tends toward unwanted "coefficient drift" which 
can no longer be controlled with the usual algorithms . 
Coefficient drift means that because of rounding errors in the 
5 calculation of the coefficients, there are very gradual 
changes in the adapted correction quantities for the 
coefficient values in one direction. In general, the following 
known algorithms are used for adaptation of the equalizer 
coefficients of fractionally spaced equalizers. 

ip During the acquisition phase, as long as the transmission 

h 

£y carrier has not yet been recognized, so the closed loop is not 
|* yet engaged for carrier phase synchronization, the constant 
modulus algorithm (CMA) is usually used, and the least means 

lfi,] square algorithm (LMSA) is used during the tracking phase, 
q i.e., in the actual continuous operation of the receiver. The 
ifl two aforementioned algorithms are described, for example, in 
jV K. D. Kammeyer, Nachrichtenubertragung [Telecommunication] , B. 
Jj3 G. Teubner Verlag, Stuttgart, 1992, pp. 313-316, 510-512 and 

20' in J. G. Proakis, Digital Communications, McGraw-Hill, 1989, 
pp. 561-569, 587-593. 

Coefficient drift is observed with the CMA algorithm in 
particular as a result of quantizing errors, because it is 

25 difficult especially with CMA, which is a higher order 

algorithm, to completely prevent offset errors as a result of 
quantization operations. With the LMSA algorithm, the lack of 
control capability, especially with dynamic transmission 
channels, results in inadequate adaptation of the equalizer 

3 0 coefficients to the channel changes. Especially channels with 
multiway reception, such as that with point-to-point radio 
relay connections, result in failure of the equalizer in cases 
of less serious distortion, although in terms of its basic 
capability, it would be quite capable of equalizing these 

3 5 channels. 
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The tap leakage algorithm (TLA) , which is a variant of LMSA, 
is a countermeasure against the phenomenon of coefficient 
drift in a fractionally spaced equalizer. The tap leakage 
algorithm is described by R. D. Gilt in, H. C. Meadors, S. B. 

5 Weinstein: The Tap Leakage Algorithm: an Algorithm for the 
Stable Operation of a Digitally Implemented, Fractionally 
Spaced Adaptive Equalizer. BSDJ, no. 8, vol. 61, October 1982, 
pages 1817 through 1839. According to the TLA, smaller amounts 
are subtracted from the absolute value of the coefficients to 
10.. compensate for coefficient drift. However, this measure not 

Q only prevents coefficient drift but also has a negative effect 

f\ on the equalization result, i.e., there is an increase in 

P> intersymbol interference. 

Ill 

liJ Therefore, the object of the present invention is to provide a 

m method of the type defined in the preamble with which 

Wl coefficient drift may be prevented without having a negative 

% effect on the quality of equalization. 

m . 

2 0 Advantages of the Invention 

This object is achieved with the features of Claim 1 by the 
fact that the coefficients determined with the help of the 
error correction algorithm are adjusted by a correction term 
25 so that the transfer function of the equalizer assumes an 
invariant fixed value for one or more selected frequencies 
outside the useful signal frequency band. Instead of the 
transfer function itself, a first derivation and/or a higher 
derivation of the transfer function outside the useful signal 

3 0 frequency band may be set at a fixed value for one or more 

selected frequencies. This method largely reduces overshooting 
of the transfer function of the equalizer toward both sides of 
the useful signal frequency band which can be attributed to 
unwanted coefficient drift. This prevents dynamic fading 
35 events on the transmission link from leading to failure of the 
equalizer, e.g., when a certain coefficient setting can no 

3 



longer be adapted rapidly enough. 



Advantageous refinements of the present invention are derived 
from the subclaims. The simplest possible method of 
calculating correction terms for the coefficients is possible 
if the transfer function or the first derivation and/or a 
higher derivation of the transfer function at the frequency 2 
Tt/T and/or the frequency 3 tz/T and/or the frequency 4 n;/3T is 
set at a fixed value, where iu/T is the base frequency of the 
useful signal frequency band. The transfer function or a first 
derivation and/or a higher derivation thereof may be set at 
the value 0 or at another fixed value at the selected 
frequency or frequencies . 



Drawing 



The present invention is explained in greater detail with 
reference to an exemplary embodiment . 

Figure 1 shows a block diagram of an adaptive equalizer; 
Figure 2 shows a transfer function of the equalizer without 

the correction according to the present invention; 
Figure 3 shows a transfer function of the equalizer having a 

first correction, and 
Figure 4 shows a transfer function of the equalizer having a 

second correction. 



Description of a Embodiment 



Figure 1 shows an adaptive transversal equalizer having a 
time-delay chain, of which first two time-delay elements VO 
and VI are shown here. A digital input signal x, which has 
been distorted on the transmission link from a transmitter to 
the receiver in which the adaptive equalizer is located, is 
applied to input 1 of the time-delay chain. Input signal x is 
delayed by T/2, T being the symbol clock pulse of input signal 
x, in individual time-delay elements VO, VI. Before the 



individual time-delay elements, the symbols of distorted input 
signal x are picked up from the time-delay chain and sent to a 
multiplier MO, Ml, where the symbol is weighted with a 
coefficient w(0), w(l). All signal symbols y(0), y(l), ... 
5 y(n) formed in the equalizer and weighted with coefficients 
w(0), w(l), ... w(n) in this way are combined to an output 
signal y by a summing unit. Output signal y is sent to a 
decision circuit ES which decides for each symbol of output 
signal y which of the possible transmission symbols it most 
lPi, closely approximates, i.e., decision circuit ES estimates the 
W transmission symbols most likely to be sent on the basis of 
hj the symbols of summing unit output signal y. Estimated 
jj*" transmission symbols a may be picked up at output 2 of 
HI decision circuit ES . Decision circuit ES also generates an 
lfP error signal e which depends on the deviation between the 
.p respective symbol of summing unit output signal y and 
|(J estimated transmission symbol a. 

Error signal e is sent to correlators KO , Kl which are 
20 responsible for forming coefficients w(0), w(l) . Correlators 

KO, Kl determine adaptive change values for coefficients w(0), 
w(l) according to a known error correction algorithm, e.g., 
according to the LMSA algorithm mentioned above, from error 
signal e and the symbols of distorted input signal x picked up 
25 from the time-delay chain. Each correlator KO, Kl is followed 
by an adder AO, Al in which a correction term kt(0) , kt(l) is 
added to the change value output by correlator KO , Kl for the 
coefficients w(0), w(l). Correction terms kt(0), kt (1) are 
formed in a processor (PZ) according to an algorithm to be 
30 described in greater detail below. These correction terms 
kt(0), kt(l) are aimed at preventing the coefficient drift 
ment i one d above . 

Individual adders AO, Al are each followed by a coefficient 
35 register KRO , KR1 in which integration is performed over all 
change values including the correction terms for coefficients 



5 



w(0), w(l), which then yields the respective instantaneous 
coefficient w(0), w(l). 

Figure 1 shows an adaptive equalizer for an actual digital 
5 input signal x. However, QAM signals are usually emitted in a 
digital radio relay system. Accordingly, four such adaptive 
equalizers would have to be provided for one QAM receiver, 
namely one in the in-phase branch, one in the quadrature -phase 
branch, and for compensation of crosstalk, one adaptive 
equalizer connected from the in-phase branch to the 

O quadrature -phase branch and one connected from the quadrature - 

Q 

jTl phase branch to the in-phase branch. 

m The following explains how processor PZ generates correction 
lftl terms kt (k) , where k = 0, 1, . . . , n. As already indicated, 
-m coefficient drift is to be suppressed by correction terms 
If! kt(k) for coefficients w(k). Figure 2 shows a transfer 
jjj function E(co) of an equalizer, where the useful signal 
jf! frequency band has its base frequencies at co = ±tc/T, but the 
2 0 equalizer may influence the spectrum in the range of co = -2 

tu/T to co = +2 tc/T. Unwanted coefficient drift is manifested by 
a gain in the spectral ranges not used by the useful signal 
(shown in gray in Figure 2) . Correction term kt (k) directly 
influences the transfer function of the equalizer, so that the 
25 overshooting outside the useful signal frequency band is 

reduced and therefore no more coefficient drift occurs. At the 
same time, however, the transfer function within the useful 
signal frequency band remains completely unaffected by this, 
so that the actual equalization is not impaired. 

30 

The following equation holds for transfer function E(co) of the 
equalizer : 
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EM=z(w,(k)+jw q (k))eJ» kT ' 2 



= E,(ffl) + jE q (ffl) 

T T 
= X w i( k ) cos ^"J* X w q( k ) sin ^2 

+ j W i( k ) Sil1 ^^" + S W q(^ C ° S 



(1) 



where w^k) and w q (k) are the k-th in-phase coefficient and 
quadrature -phase coefficient, respectively. 

Summation S extends over all coefficients from k = 0 through k 
= n. The algorithm being run in processor PZ should form a 
zero place or another fixed value of the transfer function at 
at least one specific frequency co 0 s ±te/T to reduce the 
transfer function outside the useful frequency band. This 
yields as the target function of the algorithm: 



With a complex equalizer for QAM signals, all the respective 
four partial equalizers are to be adjusted in their transfer 
function independently of one another in the sense described 
above, so the differentiation between w ± and w q for the in- 
phase branch and the quadrature -phase branch may be omitted. 
This yields the following for the absolute value of the 
transfer function: 




(2) 




(3) 



and for its gradient : 



y y y y 

= 2costf> 0 £ — cos&> 0 A: — + 2sin<» 0 £ — sintf> 0 A; — 

The algorithm for correction of coefficients w(k) is then 
formed as follows: 



w n (k) is the coefficient formed one clock pulse previously, and 
w n+1 (k) is the instantaneous coefficient derived by addition of 
correction term kt (k) = -a • sign [J (k) ] to coefficient w n (k). 
Otherwise, the change value for coefficient w n (k) formed 
according to the known CMA or LMSA algorithm, for example, in 
correlators KO , Kl is not taken into account in equation (5) 
for the sake of simplicity. 

In equation (5) : 

T T 
j(k) = W c • cos&> 0 Ar — + W s ■ smco 0 k — 

where the abbreviations 



y 

W c = Y^ w M COS(0 o k 2 

T (7) 
W s = ^vik)sma> 0 k — 



were used. Since only a slight influence on the coefficients 
is desired (small a) , the algorithm may be simplified in 
practical operation to a signum form. Effectiveness factor a 
for correction term kt (k) is adjusted to a suitable value by 
field simulation. 

The algorithm is to be implementable without any great effort. 
Therefore, it must be limited to frequencies co 0 which permit a 
simple and most periodic possible calculation of the 
trigonometric functions. The following frequencies may be used 
for this: 




©A^y^B^ and cd c = — 



(8) 



Two simplest cases co A and co c shall now be discussed. 



case: co A = 2 x/T 



For this especially simple case, it holds that 



sina> A £— = sin kn = 0 
A 2 

cosa> A k^- = cos kn = (- 1)* 



(10) 



and therefore 




(10) 



The complete algorithm for adaptation of the coefficients is 
thus written as follows according to equation (5) : 



w n+l (k) = w n (k) - 2a ■ sign[(- l)* £ w(k)(- \) k ] 



(ID 



where 



(12) 



Since the middle coefficients are preferably involved in the 
unwanted components of the transfer function, the algorithm 
according to equation (11) may be limited to an interval on 
the order of k e [-4, 4] . All coefficients must of course be 
taken into account in equation (12) . 

Figure 3 shows the result of this algorithm, where it is 
apparent that there has already been a certain reduction in 
the transfer function outside the useful signal frequency band 
in comparison with the uncorrected transfer function shown in 
Figure 1 . 



4tzt 

case : C0 r - — — 



For this case, it holds that 



sm(Q c k~= sin 3(z*) 




(13) 



z-e J - e J 
With the table: 



K 


-4 


-3 


-2 


-1 


0 


1 


2 


3 


4 


2 

Sin — k^r 


-V075 


0 


V0.7 5 


-Vo/75 


0 


V0.7 5 


-V0J5 


0 


V0.7 5 


2 

Cos— k^r 


-0,5 


1 


-0,5 


-0,5 


1 


-0,5 


-0,5 


1 


-0,5 



it holds that: 



= I wWcos^^= £ w(3*)- 0,5^ [M3^+ 1)+ w(3*- l)] (14) 



^ = 2 w(£)sin fi? c ^| = [w(3*+ l)- w(3fc- l)] (15) 

To calculate the correction terms, additional abbreviations 
are introduced: 

^, = ^3^-1) 

WD- W +x -W_, 
WS= W +l + W_ x 



It thus holds that: 
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J c (3k-1)= -jOJ5'W s -05-W c = ^(-3WD-2W 0 + WS) 
J c {3k) = W c 

J c (3k+l)=+J^-W s -05-W c =^(+3WD-2W 0 + WS) 



(17) 



Whereas in the first case, J A according to equation (12) holds 
I 1 '* for all coefficients w(k) , in the second case J c must be 
Pj different for three different coefficient groups w(3k-l), 

W w(3k) and w(3k+l) . 

.J* 
'HI 

HI A very efficient correction of the coefficients is obtained 

III 

when the first and second cases are combined: 

ljP 

|| w B+ iW= w n (k)- a A -sign[j A (k)]- a c sign[j c (k)] (18) 

I 

As Figure 4 shows, the adaptive correction of coefficients 
w n (k) according to equation (18) causes a sharp reduction in 
15 the spectral ranges outside the useful signal spectrum. 

Instead of forcing zero places in the transfer function 
through the correction, as shown in Figures 3 and 4, the 
transfer function may also be set at a constant value (e.g. 1) 
2 0 at certain frequencies. 

Instead of setting the transfer function of the equalizer 
itself at a constant value at certain frequencies, a first 
derivation and/or a higher derivation of the transfer function 
2 5 may also be set at a constant value for one or more selected 
frequencies . 
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What is claimed is: 



1. A method of adaptive adjustment of the coefficients of an 
equalizer, the coefficients (w(0), w(l)) being defined 
according to an error correction algorithm so that intersymbol 
interference is minimized, 

wherein the coefficients (w(0), w(l>) determined with the help 
of the error correction algorithm are adjusted by a correction 
term (k(0), k(l)) so that the transfer function (E (co) ) of the 
equalizer or a first derivation and/or a higher derivation of 
the transfer function assumes an invariant fixed value for one 
or more selected frequencies outside the useful signal 
frequency band. 

2. The method according to Claim 1, 

wherein the coefficients (w(0), w(l)) are adjusted so that the 
transfer function (E (co) ) or a first derivation and/or a higher 
derivation of the transfer function assumes a fixed value at 
the frequency 2 tz/T and/or at the frequency 3 tz/T and/or at 
the frequency 4 %/3T, tz/T being the limit frequency of the 
useful signal frequency band. 

3. The method according to one of Claims 1 or 2, 
wherein the transfer function (E(co)) or a first derivation 
and/or a higher derivation of the transfer function is/are set 
at the value 0 or at another constant value at the selected 
frequency or frequencies. 
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Abstract 



The coefficients (w(0), w(l)) of an equalizer are adapted 
according to an error correction algorithm so that intersymbol 
interference is minimized. To prevent coefficient drift in 
adaptive equalization, the coefficients (w(0), w(l)) 
determined with the help of the error correction algorithm are 
adjusted by a correction term (k(0), k(l)) so that the 
transfer function of the equalizer assumes a favorable value 
for one or more selected frequencies outside the useful signal 
frequency band. 

(Figure 1) 
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